This paper proposes a number estimation method for sound source signals without information of sources and transfer functions. The proposed method can estimate the number of sound sources using only observed mixture signals with two microphones. A joint distribution of mixture signals has the same number of linear components as the number of sound sources. Therefore, we can estimate the source number using directional histogram of mixture signals. Furthermore, in order to be robust against outliers, the proposed method removes very small amplitude components without speech. The method works well from several simulations in the case of simultaneous utterances of multiple speakers.
Introduction
The speech recognition technology has significantly been improved to achieve provision of speech recognition engine with extremely high recognition capabilities for the case of ideal environments, i.e. no surrounding noise. However, it is still difficult to attain a desirable recognition rate in a household or office where there are daily activities noises. Therefore, a certain preprocessing before recognition is needed to reduce the noises and to select the target speech signal.
Many noise reduction methods such as ICA (Independent Component Analysis) (1, 2, 3) , SS (Spectral Subtraction) (4) , SAFIA (sound source Segregation based on estimating incident Angle of each Frequency component of Input signals Acquired by multiple microphones) (5) and NMF (Nonnegative Matrix Factorization) (6) have been proposed. The authors have already proposed some estimating method (7, 8, 9) for the target source signals.
The original source signals can be recovered using these estimation methods in the condition which the number of the source signals N is known. However, the separation performance of the methods often deteriorates when N is unknown.
There has been proposed an estimation method for the sources number (10) . It functions well if the number of the sources is equal to or less than that of the sensors but it fails if the former is larger than the latter.
In order to estimate the original source signals using these methods, it is important that these estimation methods know the number of the source signals. In this paper, we propose an estimation method for the number of the source signals. The proposed method can estimate the number of sound sources using only observed mixture signals with two microphones.
A joint distribution of mixture signals has the same number of linear components as the number of sound sources. Therefore, we can estimate the number of the peaks in the joint distribution for the source number using directional histogram of mixture signals. Furthermore, in order to be robust against outliers, the proposed method removes very small amplitude components without speech.
Features of Observed Mixture Signals

Observed Mixture Signals
When some sound sources s n (t) (n = 1, 2, · · · , N ) are observed with some microphones, the observed mixture signals x m (t) (m = 1, 2, · · · , M ) are expressed as follows. where a mn denotes a mixing parameter, t denotes index of time series, N and M are the number of sound sources and mixture signals, respectively.
In a real environment, the signals observed at microphones are not instantaneous mixtures but are convoluted version of the sound sources as
where a mn (τ ) denotes transfer functions from the n-th sources to the m-th microphones. The mixtures x m (t) are transformed into the short time spectra by the discrete Fourier transform to process in frequency domain as follows.
where ω denotes a frequency, k the frame number, τ the frame shift time and w(t) a window function. In the frequency domain, the mixtures are approximated as follows.
By expressing as Eq (4), the convolution mixing process can be thought of as an instantaneous mixing process. On account of this, there have been reported many trials to separate the convoluted mixtures in the frequency domain. In the following, we discuss in the instantaneous mixture model for simplicity. 
Joint Distribution and Histogram
Consider three source signals s n (t) (n = 1, 2, 3) which are human speeches shown in Fig. 1 . In the following, we consider the sound signals as stochastic varieties and omit the time series t. If there is no active source, it is clearly that the observed signals doesn't have power. Therefore, we can estimate N = 0 in the case which the power of the observed signals is very small.
When only s 1 is active, the waveforms x 1 and x 2 observed at the sensors are depicted as in Fig. 2 . Their joint distribution is shown in Fig. 3(a) where the horizontal and the vertical axis are denoted by x 1 and x 2 , respectively. Since x 1 and x 2 are completely similar, the joint distribution is expressed by a straight line. This fact implies that the distribution has onedimensional structure in the case of one active source. From the Fig. 3(a) , we calculate as
and we make the histogram hist(ϕ) as shown in Fig. 3 (b) using all ϕ. The histogram of the joint distributions has only one peak as shown in Fig. 3(b) . The horizontal axis denotes the direction of the ratio of the mixture signals from − π 2 to π 0 0.5 1 1. In the case of two active sources, s 1 and s 2 , the observed mixture signals x 1 and x 2 are shown in Fig. 4 . As shown in Fig. 5(a) , it is found that the joint distribution has two liner components. For clarity the linear components, directions ϕ of distribution are calculated as Eq (5) . Fig. 5(b) shows the histogram. In the figure, two peaks are clearly seen.
In the case of three active sources, s 1 , s 2 and s 3 , the observed mixture signals x 1 and x 2 are shown in Fig. 6 . Their joint distribution and the histogram are shown in Fig. 7(a) and (b), respectively. In these figure, the dense crossing lines are still discernible and three peaks are recognizable.
From these facts, the joint distribution is considered to take on a peculiar structure depending on the number of the sources. Their histograms have the same number of peaks as the sources signals. Therefore, we can estimate the number of the source signals by finding the number of the peaks.
Estimation for the Number of Sources
Source Number Estimation
From the above discussions, in the case which the source signals exist at the same time, the joint distribution made from the observed signals has straight lines depend on the number of sources. Then, it means that the number of source signals can be estimated by extracting the peaks of the histogram.
We define the histogram difference ∆ϕ l as follows.
where l = 1, 2, · · · , L denotes the number of flames of the histogram. The number of sound sources can be estimated by counting the number in the case which the histogram difference ∆ϕ l is larger than the threshold value.
Robust Number Estimation Method for Outliers
As can be seen from the Figs. 5(a) and 7(a), there are many components with very small amplitudes in the distribution.
When the proposed method calculates angles of these small amplitude components, unnecessary values may be generated.
When the amplitude of the observed signal is very small, the ratio x2 x1 of the observed signals as shown in Eq (5) becomes 0 or infinity. Trigonometric functions of Eq (5) can not be calculated. Therefore, we remove components with small amplitude. By the processing, it is possible to remove many small peak components in the histogram.
Simulation
In order to verify our proposals, several simulations were carried out. The source signals s 1 (t) s 2 (t) and s 3 (t) were human speech signals in the database (10) . These signals were sampled at the rate of 8 [kHz] with 16 [bit] resolution. Using these sources, the mixture signals are generated by Eq (2) with the mixing parameters a mn = 0.9 ± η (m = n) and a mn = 0.6 ± η (m ̸ = n), η denotes a random value from 0 to 0.1.
Under this condition, Using 6 [sec] speech signals, 30 mixture signals patterns (permutation of 3 males and 3 females: 6 P 2 ) were generated in the case of two source condition. In addition to it, 20 mixture signals patterns (combination of 3 males and 3 females: 6 C 3 ) ware generated in the case of three source condition. The removal rate of small amplitude values was 1 percent of all data points. We confirmed that the method can estimate the number of the source signals in all data completely.
When 2 [sec] speech signal data is used, the proposed method failed the estimation in some cases. The reason is that there is no breathing or silent interval in the human speech, so the peak does not appear in the histogram of the observed mixture signals. From these results, it is found that the proposed method is effective for estimating the number of sound sources when breathing and silent interval are included in observed mixed speech.
Conclusion
This paper proposes a number estimation method for sound source signals without information of sources and transfer functions in order to estimate the source signals in blind source separation. The proposed method can estimate the number of sound sources using only observed mixture signals with two microphones. A joint distribution of two mixture signals has the same number of linear components as the number of sound sources.
Using this fact, we propose an estimation method for the source based on the directional histogram of the mixture signals. The proposed method can estimate the number of the source signals by counting the number of the peaks of the histogram. Furthermore, in order to be robust against outliers, the proposed method removes very small amplitude components without speech. From the simulation, it is found that the proposed method works well for estimating the number of sound sources when breathing and silent interval are included in observed mixed speech.
